Abstract. Voice over Long Term Evolution (called VoLTE) is always a main service that brings a big benet for mobile operators. However, the deployment of VoLTE is very complex, specially for guaranteeing of Quality of Service (QoS) to meet quality of experience of mobile users. The key purpose of this paper is to present an object, non-intrusive prediction model for VoLTE quality based on LTE-Sim framework and the extended E-model. This combination allows to overcome the lack of the E-model is that how to determine exactly its inputs. Besides, we propose to add the jitter buer as an essential input factor to the E-model. The simulation results show that our proposed model can predict voice quality in LTE network via both the E-model and the Extended E-model. The proposed model does not refer to the original signal, thus, it is very suitable for predicting voice quality in LTE network for many dierent scenarios which are congured in the LTE-Sim framework. The simulation results also show that the eect of jitter buer on user perception is very signicant.
1 Introduction LTE network is developed by the Third Generation Partnership Project (3GPP) [1] . It is a mobile network which has high data rates, low latency and fully packet-based. It means to improve the capability of legacy system by increasing data rates and extending superior QoS for various multimedia applications. Voice over LTE network (called VoLTE) is a main service of LTE network. Since LTE network is a full packet-switched, thus, the deployment of VoLTE service is very complicated. All voice tracs over LTE network are VoIP (Voice over Internet Protocol) including VoLTE. According to [2] , there are two types of voice trac over LTE network, those are VoLTE and VoIP. VoLTE is really the VoIP service with QoS guaranteed [2] . Table 1 represents the service classes in LTE network where voice service is a Guaranteed Bit Rate (GRB) service which has the second priority just after IP Multimedia Subsystem (IMS) signaling. However, in order to guarantee VoLTE quality is an extreme challenge. Voice, Video (live streaming, Interactive Gaming) 8 300 10
Video (buered streaming) TCP-based (e.g. www, e-mail, chat, FTP, P2P sharing, progressive video, etc.) 9 10
−6
In communications systems, the perceived voice quality is usually represented as the MOS. MOS can be attained by many methods. These methods are divided into two groups called subjective methods and objective ones. Subjective methods humans listening to a live stream or a recorded le and rating it on a ratio of 1 (poor) to 5 (excellent) [3] . These methods have some disadvantages such as too expensive, time consuming and are not suitable for a large network infrastructure. Otherwise, objective methods have more advantages, they eliminate the limitations of subjective methods. Objective methods are classied into two approaches: intrusive and non-intrusive ones. The intrusive methods (e.g.
Perceptual evaluation of speech quality (PESQ) [4] ) are more exact and are widely utilized to predict aware voice quality. However, they are not suitable for real-time services such as VoIP because they require original signals to refer. The non-intrusive methods (e.g. ITU-T E-model [5] ) are computational models that are used for transmission planning purposes. They are not as accurate as the intrusive approaches and they do not have complex mathematical operations.
The obtained results from objective methods do not always well relate to human perception. The main advantage of the non-intrusive methods are they predict voice quality without any reference to the original signals and they require less parameters than the intrusive methods. For several typical non-intrusive methods, authors in [6] proposed to use Random Neural Network (RNN) to assess voice quality over internet. Voice quality assessment was predicted in [7] using RNN. Another non-intrusive method was proposed in [8] based on RNN for evaluating video quality in LTE network. Authors in [9] proposed to use Wideband (WB) E-model to predict VoLTE quality for minimizing redundant bits generated by channel coding. In [10] , authors investigated the eects of PLR and delay jitter on VoIP quality to assess prediction errors of MOS for the E-model.
A new model called Packet-E-Model was proposed in [11] to measure speech quality perception for VoIP in Wimax network. In [12] , authors presented a voice quality measurement tool based on the E-model. A framework of objective assessment method for estimating conversational quality in VoIP was proposed in [13] . In [14] , a simplied versions of the E-model were proposed to simplify the calculations and focus on the most important factors required for monitoring the call quality. According to our knowledge, at present, there are not any proposals which allow to predict VoLTE quality using LTE-Sim framework and extended E-model.
We see that, the lack of the E-model is how to measure exactly the its input parameters. Therefore, we need a method to measure the input factors of the Emodel. In this paper, we propose to use the LTE-Sim [15] to calculate delay and PLR for voice users. LTE-Sim is a famous framework which allows to simulate entire LTE network, thus, it is quite similar to a real system. Outputs of LTESim are Delay and PLR which are essential input parameters of the E-model.
In addition, we also take eects of network jitter into account by considering jitter parameter (I j ) as an input parameter of the E-model. In order to obtain more real results, we simulate voice service with mobility in LTE heterogeneous network.
The rest of this paper is organized as follows: Overview of the system model is described in section 2. In section 3, we present the proposed model. Figure 1 for both user-plane and control-plane, thus, it is nearly similar to the real LTE system. 
The extended E-model
E-model is a computational model developed and standardized by ITU-T [5] . It is used to estimate the MOS for narrow band audio quality. The output of the model is R-factor. The values of this R-factor in range of 0-100 where 100 is the best and 0 is the worst quality. And then, it is mapped to the corresponding MOS value. The standard R-factor in the E-model is dened as follows:
In which: R 0 : The basic signal-to-noise ratio which consists of noise sources such as circuit and room noise. In this model, its value is set to 94.2. I s : The simultaneous impairment factor, it is the sum of all impairments which may occur more or less simultaneously with the voice transmission. In this model, the default value is set to 0. I d : The delay impairment factor, representing all impairments due to delay of voice signals. I ef : The equipment impairment factor, capturing the eect of signal distortion due to low bit rates of the codec and packet losses of random distribution. A: The advantage factor, capturing the fact that some users can accept a reduction of quality due to the mobility of cellular networks. In this model, this factor is set to 0.
In above factors, I d and I ef are aected by end-to-end delay and packet loss, respectively, while R 0 and I s do not depend on network performance. The R-factor is then translated into the MOS as follows [5] :
The relation between R-factor, user perception, and MOS is described in the After setting the default values for the E-model, Equation (1) can be rewritten as follows:
We see that, when voice packet transmitted over an IP network, it is aected by many network impairments such as PLR, delay, jitter, etc. In the E-model, there is no presence of network jitter. In order to improve use satisfaction, we propose to add the I j factor to the E-model. It's obvious, when add I j to the E-model, user perception of the extended E-model will be lower than E-model,
and the E-model can be described as the following formula:
Equation (4) shows that the R-factor depends on end-to-end delay (I d ), total loss probability (I ef ), and network jitter (I j ). Hence, in order to compute the R-factor, we must to count these factors. The I d is a factor which is aected by end-to-end delay and is calculated as follows [16] :
In which: H(x) is the Heavyside function:
In equation (5), d represents the total end-to-end delay (or mouth-to-ear delay) of speech packet. It is one of output results of LTE-Sim software. The I ef is determined according to packet loss. In order to compute this factor, we use the equation in [17] as follows:
Where: The λ 1 represents the voice quality impairment factor caused by the encoder, λ 2 and λ 3 represent the eect of loss on voice quality for a given codec.
Such that, these factors depend on the voice codec used. In this study, we use LTE-Sim [15] to simulate. This simulation tool supports only G.729 codec, thus, for this codec, the factors above has values as follows: λ 1 = 11, λ 1 = 40, λ 3 = 10. While e l is the total loss probability (consisting of network and buer layout) which has the value in range of 0..1. This factor is also obtained from the output results of LTE-Sim software.
The I j represents the impacts of network jitter to voice quality. It also depends on the voice codec. In this paper, we use the method proposed in [10] as follows:
In which: C 1 , C 2 , C 3 , C 4 are coecients, K is time instant. These factors The nal expression of the R-factor when utilizing the G.729 codec is described in Equation (9) .
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The R-factor is then mapped to the MOS via equations (2). MOS reects the perception of user. It is obvious, the higher MOS, the higher user satisfaction and inverse. How to determine exactly the perception of voice user is a big challenge of mobile operators.
The proposed model
Voice over LTE network (VoLTE) is a real-time service, and is fully deployed over an IP network, thus, in order to ensure VoLTE quality is very complex. There are very little methods that allow to monitor and to predict VoLTE quality and most of them are subjective ones which have to refer to the original signal, thus, they are not suitable for real-time services such as VoIP, Video, Gaming, etc.
In this paper, we propose a new non-intrusive voice quality assessment method 6 which based on LTE-Sim software [15] and the extension of the E-model [5] .
LTE-Sim is a software which allow to simulate VoIP ow that is quite similar to real ow. Therefore, we see that, the simulation results are quite exact. The E-model is a computational model which allows to predict voice quality when it is transmitted from source to destination. However, in this model, there is not presence of network jitter. For VoIP ow, network jitter aects signicantly on voice quality, thus, we propose to add the eects of network jitter to E-model via I j factor. When the I j is added to the E-model, the value of R factor will be lower, it leads to the lower user perception when compared to the standard E-model. The proposed model is represented on Figure 2 .
Fig.2. The proposed implement model
The principle of the proposed model as follows: Input parameters of the simulation scenarios are rstly fed to the LTE-Sim software. After nishing the simulation, we receive simulation results. In these results, we select Delay, PLR according to the number of user. These factors combining jitter buer (JB) are the input parameters of the extended E-model. The output of E-model is R factor, and then it is mapped to MOS score. This MOS score performs the user satisfaction. The steps of the proposed model can be described as follows:
Step 1: Setting input parameters of the simulation scenario.
Step 2: Simulating the scenario in the LTE-Sim software
Step 3: Collecting the delay, PLR results from Step 2, and selecting values of JB.
Step 4: Feeding the input parameters taken from Step 3 to the Extended E-model which is programmed in Matlab software [18] as follows:
• Calculating R factor of the extended E-model according to Equation (9).
• R is then mapped to MOS score based on Formula (2).
After
Step 4, we will receive the user satisfactions according to the number of user.
LTE is a packet-switched network, thus, in order to simulate it as a real system, we select input data ows including a VoIP, a Video and a non real-time ow. In addition, the mobility is also included in our scenario, specically, we is a bursty application that is modelled with an ON/OFF Markov chain [19] .
For the video ow, a trace-based application that generates packets based on realistic video trace les with a bit-rate of 242 kbps was used in [20] and it is also available in [15] . In order to obtain a realistic simulation of an H.264 SVC video streaming, we used an encoded video sequence foreman.yuv , which is Eects of Jitter buer on voice quality: In order to evaluate the eects of JB on voice quality, we set values of this factor of 40, 60, 80, 100, and 120. Figure 3 shows the relationship of the number of user (NU) vs user perception This is obvious because our proposed model considers eect of network jitter
on the E-model. All cases have the slightly degraded MOS when NU increases.
This gure also shows that the higher JB, the higher MOS. However, in fact, JB should not be too high. As shown on this gure, when JB is more than 80, the MOS increase not signicantly. This is quite clear when JB corresponds to 100 and 120. It can be said that, when JB is more than 100, its eect on user perception is not signicant. Figure 4 shows the eects of JB when the speed is 120 km/h. It's clear that, when the speed is high, the user satisfaction is decreased clearly. All cases have the MOS score heavily decreasing when NU increasing. It's obvious, but the reduction is quite dierent from the case of the speed of 30 km/h. It's similar to the previous case, the higher JB, the higher user perception. The JB is directly proportional to user satisfaction while the speed is inverse.
Eects of Delay on voice quality: Figure 5 shows the relationship between delay vs user perception according to NU. It's clear that, the delay increases when NU increase. This leads to lower MOS score. The E-model has the highest MOS while the Extended E-model has the lower one. It can be said that, the higher NU and the higher delay, the lower MOS score (or lower user perception).
This principle is suitable for both the E-model and the Extended E-model (for all cases of JB). The detailed results of this case are represented in Table 4 .
It's similar to the case of delay for the user speed of 30 km/h, the eects of delay on user satisfactions when the user speed is 120 km/h is shown on Figure   6 . The principle is similar to the user speed of 30 km/h, however, the MOS score is lower and heavily decreases when the NU or delay increases. This is right
in both E-model and Extended E-model. The detailed results are described in Table 4 . Eects of PLR on voice quality: Figure 7 illustrates the eects of delay on user perception according to NU. It's clear that, MOS increases when the NU or PLR increases. This is suitable for both E-model and extended E-model. Normally, PLR increases when NU increases, but there is special case for the NU equals 10. This may be due to the system is usually not stable in fact. For both E-model and Extended E-model, the higher NU and the higher PLR, the lower MOS score. The E-model has the higher MOS when compared to the Extended E-model. For the Extended E-model, rule for the higher JB, the higher MOS is still met. For the detailed results, refer to Table 4 .
For the case of the user speed equals 120 km/h, the rules for the case of user speed is 30 km/h is still met. The dierence here is that in this case, the user perception decreases in comparison with the user speed of 30 km/h and it heavily decreases when the NU or PLR increases. This is fully suitable. The detailed results of this case are represented in Table 4 . This is because in our model, we take eects of network jitter into account. This also means the eect of JB on user perception is very signicant. The simulation results also show that user perception decreases when the user speed increases.
For the case of user speed of 30 km/h, the user satisfaction slightly reduces when NU raises while it heavily decreases for the user speed of 120 km/h. For both cases of the user speed, the user perception increases when the JB increases.
However, when JB is more than 100, the user satisfaction increases not signicantly. For the delay and PLR, both increase when NU increases and meet the principle: the higher delay and PLR, the lower user satisfaction. It can be concluded that, the proposed model is very suitable for predicting VoLTE quality be cause it does not refer to the original signal. The user perception can be not as exact as the intrusive methods such as PESQ but it is quite simple, calculate very quickly. It is also very suitable for purpose of transmission planning and for voice assessment in laboratory for academic community and researchers.
The proposed model can be used to predict VoLTE quality for many dierent scenarios which can be congured in the LTE-Sim. In the near future, we will evaluate our proposed model for more NU, other voice codecs, and complement more parameters into the E-model.
